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(57) ABSTRACT 

Speech signal classi?cation and encoding systems and meth 
ods are disclosed herein. The signal classi?cation is done in 
three steps each of them discriminating a speci?c signal 
class. First, a voice activity detector (VAD) discriminates 
betWeen active and inactive speech frames. If an inactive 
speech frame is detected (background noise signal) then the 
classi?cation chain ends and the frame is encoded With 
comfort noise generation (CNG). If an active speech frame 
is detected, the frame is subjected to a second classi?er 
dedicated to discriminate unvoiced frames. If the classi?er 
classi?es the frame as unvoiced speech signal, the classi? 
cation chain ends, and the frame is encoded using a coding 
method optimized for unvoiced signals. OtherWise, the 
speech frame is passed through to the “stable voiced” 
classi?cation module. If the frame is classi?ed as stable 
voiced frame, then the frame is encoded using a coding 
method optimized for stable voiced signals. OtherWise, the 
frame is likely to contain a non-stationary speech segment 
such as a voiced onset or rapidly evolving voiced speech 
signal. In this case a general-purpose speech coder is used at 
a high bit rate for sustaining good subjective quality. 
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METHODS AND DEVICES FOR SOURCE 
CONTROLLED VARIABLE BIT-RATE WIDEBAND 

SPEECH CODING 

FIELD OF THE INVENTION 

[0001] The present invention relates to digital encoding of 
sound signals, in particular but not exclusively a speech 
signal, in vieW of transmitting and synthesizing this sound 
signal. In particular, the present invention relates to signal 
classi?cation and rate selection methods for variable bit-rate 
(VBR) speech coding. 

BACKGROUND OF THE INVENTION 

[0002] Demand for efficient digital narroWband and Wide 
band speech coding techniques With a good trade-off 
betWeen the subjective quality and bit rate is increasing in 
various application areas such as teleconferencing, multi 
media, and Wireless communications. Until recently, tele 
phone bandWidth constrained into a range of 200-3400 HZ 
has mainly been used in speech coding applications. HoW 
ever, Wideband speech applications provide increased intel 
ligibility and naturalness in communication compared to the 
conventional telephone bandWidth. AbandWidth in the range 
50-7000 HZ has been found sufficient for delivering a good 
quality giving an impression of face-to-face communication. 
For general audio signals, this bandWidth gives an accept 
able subjective quality, but is still loWer than the quality of 
FM radio or CD that operate on ranges of 20-16000 HZ and 
20-20000 HZ, respectively. 

[0003] A speech encoder converts a speech signal into a 
digital bit stream, Which is transmitted over a communica 
tion channel or stored in a storage medium. The speech 
signal is digitiZed, that is, sampled and quantized With 
usually 16-bits per sample. The speech encoder has the role 
of representing these digital samples With a smaller number 
of bits While maintaining a good subjective speech quality. 
The speech decoder or synthesiZer operates on the transmit 
ted or stored bit stream and converts it back to a sound 
signal. 
[0004] Code-Excited Linear Prediction (CELP) coding is 
a Well-knoWn technique alloWing achieving a good com 
promise betWeen the subjective quality and bit rate. This 
coding technique is a basis of several speech coding stan 
dards both in Wireless and Wireline applications. In CELP 
coding, the sampled speech signal is processed in successive 
blocks of L samples usually called frames, Where L is a 
predetermined number corresponding typically to 10-30 ms. 
A linear prediction (LP) ?lter is computed and transmitted 
every frame. The computation of the LP ?lter typically needs 
a lookahead, a 5-15 ms speech segment from the subsequent 
frame. The L-sample frame is divided into smaller blocks 
called subframes. Usually the number of subframes is three 
or four resulting in 4-10 ms subframes. In each subframe, an 
excitation signal is usually obtained from tWo components, 
the past excitation and the innovative, ?xed-codebook exci 
tation. The component formed from the past excitation is 
often referred to as the adaptive codebook or pitch. excita 
tion. The parameters characteriZing the excitation signal are 
coded and transmitted to the decoder, Where the recon 
structed excitation signal is used as the input of the LP ?lter. 

[0005] In Wireless systems using code division multiple 
access (CDMA) technology, the use of source-controlled 
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variable bit rate (VBR) speech coding signi?cantly improves 
the system capacity. In source-controlled VBR coding, the 
codec operates at several bit rates, and a rate selection 
module is used to determine the bit rate used for encoding 
each speech frame based on the nature of the speech frame 
(e.g. voiced, unvoiced, transient, background noise). The 
goal is to attain the best speech quality at a given average bit 
rate, also referred to as average data rate The codec 
can operate at different modes by tuning the rate selection 
module to attain different ADRs at the different modes Where 
the codec performance is improved at increased ADRs. The 
mode of operation is imposed by the system depending on 
channel conditions. This enables the codec With a mecha 
nism of trade-off betWeen speech quality and system capac 
ity. 
[0006] Typically, in VBR coding for CDMA systems, an 
eighth-rate is used for encoding frames Without speech 
activity (silence or noise-only frames). When the frame is 
stationary voiced or stationary unvoiced, half-rate or quar 
ter-rate are used depending on the operating mode. If 
half-rate can be used, a CELP model Without the pitch 
codebook is used in unvoiced case and a signal modi?cation 
is used to enhance the periodicity and reduce the number of 
bits for the pitch indices in voiced case. If the operating 
mode imposes a quarter-rate, no Waveform matching is 
usually possible as the number of bits is insuf?cient and 
some parametric coding is generally applied. Full-rate is 
used for onsets, transient frames, and mixed voiced frames 
(a typical CELP model is usually used). In addition to the 
source controlled codec operation in CDMA systems, the 
system can limit the maximum bit-rate in some speech 
frames in order to send in-band signalling information 
(called dim-and-burst signalling) or during bad channel 
conditions (such as near the cell boundaries) in order to 
improve the codec robustness. This is referred to as half-rate 
max. When the rate-selection module chooses the frame to 
be encoded as a full-rate frame and the system imposes for 
example HR frame, the speech performance is degraded 
since the dedicated HR modes are not capable of ef?ciently 
encoding onsets and transient signals. Another HR (or 
quarter-rate (QR)) coding model can be provided to cope 
With these special cases. 

[0007] As can be seen from the above description, signal 
classi?cation and rate determination are very essential for 
ef?cient VBR coding. Rate selection is the key part for 
attaining the loWest average data rate With the best possible 
quality. 

OBJECTS OF THE INVENTION 

[0008] An object of the present invention is to provide an 
improved signal classi?cation and rate selection methods for 
a variable-rate Wideband speech coding in general; and in 
particular to provide an improved signal classi?cation and 
rate selection methods for a variable-rate multi-mode Wide 
band speech coding suitable for CDMA systems. 

SUMMARY OF THE INVENTION 

[0009] The use of source-controlled VBR speech coding 
signi?cantly improves the capacity of many communica 
tions systems, especially Wireless systems using CDMA 
technology. In source-controlled VBR coding, the codec can 
operate at several bit rates, and a rate selection module is 
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used to determine the bit rate used for encoding each speech 
frame based, on the nature of the speech frame (e.g. voiced, 
unvoiced, transient, background noise). The goal is to attain 
the best speech quality at a given average data rate. The 
codec can operate at different modes by tuning the rate 
selection module to attain different ADRs at the different 
modes Where the codec performance is improved at 
increased ADRs. In some systems, the mode of operation is 
imposed by the system depending on channel conditions. 
This enables the codec With a mechanism of trade-off 
betWeen speech quality and system capacity. 

[0010] A signal classi?cations algorithm analyZes the 
input speech signal and classi?es each speech frame into one 
of a set of predetermined classes (e.g. background noise, 
voiced, unvoiced, miXed voiced, transient, etc.). The rate 
selection algorithm decides What bit rate and What coding 
model to be used based on the class of the speech frame and 
desired. average data rate. 

[0011] In multi-mode VBR coding, different operating 
modes corresponding to different average data rates are 
obtained by de?ning the percentage of usage of individual 
bit rates. Thus, the rate selection algorithm decides the bit 
rate to be used for a certain speech frame based on the nature 
of speech frame (classi?cation information) and the required 
average data rate. 

[0012] In some embodiments, three operating modes are 
considered. Premium, Standard and Economy modes as 
discussed in 3GPP2 C.S0030-0, “Selectable Mode Vocoder 
Service Option for Wideband Spread Spectrum Communi 
cation Systems”, 3GPP2 Technical Speci?cation. The Pre 
mium mode insures the highest achievable quality using the 
highest ADR. The Economy mode maXimiZes the system 
capacity by using the loWest ADR still alloWing for a high 
quality Wideband speech. The Standard mode is a compro 
mise betWeen the system capacity and the speech quality and 
it uses an ADR betWeen the ADRs of the Premium and the 
Economy modes. 

[0013] The multi-mode variable bit rate Wideband codec 
provided to operate in CDMA-one and CDMA2000 systems 
Will be referred to herein as VMR-WB codec. 

[0014] More speci?cally, in accordance With a ?rst aspect 
of the present invention, there is provided a method for 
digitally encoding a sound comprising: 

[0015] i) providing a signal frame from a sampled 
version of the sound; 

[0016] ii) determining Whether the signal frame is an 
active speech frame or an inactive speech frame; 

[0017] iii) if the signal frame is an inactive speech 
frame then encoding the signal frame With back 
ground noise loW bit-rate coding algorithm; 

[0018] iv) if the signal frame is an active speech 
frame, determining Whether the active speech frame 
is an unvoiced frame or not; 

[0019] v) if the signal frame is an unvoiced frame 
then encoding the signal frame using an unvoiced 
signal coding algorithm; and 

[0020] vi) if the signal frame is not an unvoiced 
frame then determining Whether the signal frame is 
a stable voiced frame or not; 
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[0021] vii) if the signal frame is a stable voiced frame 
then encoding the signal frame using a stable voiced 
signal coding algorithm; 

[0022] viii) if the signal frame is not an unvoiced 
frame and the signal frame is not a stabled voiced 
frame then encoding the signal frame using a generic 
signal coding algorithm. 

[0023] In accordance to a second aspect of the present 
invention there is also provided a method for digitally 
encoding a sound comprising: 

[0024] i) providing a signal frame from a sampled 
version of the sound; 

[0025] ii) determining Whether the signal frame is an 
active speech frame or an inactive speech frame; 

[0026] iii) if the signal frame is an inactive speech 
frame then encoding the signal frame With back 
ground noise loW bit-rate coding algorithm; 

[0027] iv) if the signal frame is an active speech 
frame, determining Whether the active speech frame 
is an unvoiced frame or not; 

[0028] v) if the signal frame is an unvoiced frame 
then encoding the signal frame using an unvoiced 
signal coding algorithm; and 

[0029] vi) if the signal frame is not an unvoiced 
frame then encoding the signal frame With a generic 
speech coding algorithm. 

[0030] A method for classi?cation of unvoiced signals 
Where at least three of the folloWing parameters are used to 
classify unvoiced frame is provided according to a third 
aspect of the present invention: 

[0031] a) a voicing measure (EX); 

[0032] b) a spectral tilt measure (e); 

[0033] c) an energy variation Within the signal frame 
(dE); and a relative energy of the signal frame (Em). 

[0034] Methods according to the present invention alloWs 
VBR codecs capable of operating ef?ciently Within Wireless 
systems based on code division multiple access (CDMA) 
technology as Well as IP-based systems. 

[0035] Finally, in accordance to a fourth aspect of the 
present invention, there is provided a device for encoding a 
sound signal comprising: 

[0036] a speech encoder for receiving a digitiZed 
sound signal representative of the sound signal; the 
digitiZed sound signal including at least one signal 
frame; the speech encoder including: 

[0037] a ?rst-level classi?er for discriminating 
betWeen active and inactive speech frames; 

[0038] a comfort noise generator for encoding inac 
tive speech frames; 

[0039] a second-level classi?er for discriminating 
betWeen voiced and unvoiced frames; 

[0040] 
[0041] a third-level classi?er for discriminating 

betWeen stable and unstable voiced frames; 

an unvoiced speech encoder; 



US 2005/0177364 A1 

[0042] 

[0043] 
0044 the s eech encoder bein con? ured for out P g g 
putting a binary representation of coding parameters. 

a voiced speech optimiZed encoder; and 

a generic speech encoder; 

[0045] The foregoing and other objects, advantages and 
features of the present invention Will become more apparent 
upon reading the following non restrictive description of 
illustrative embodiments thereof, given by Way of eXample 
only With reference to the accompanying draWings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0046] 
[0047] FIG. 1 is a block diagram of a speech communi 
cation system illustrating the use of speech encoding and 
decoding devices in accordance With a ?rst aspect of the 
present invention; 

[0048] FIG. 2 is a ?oWchart illustrating a method for 
digitally encoding a sound signal according to a ?rst illus 
trative embodiment of a second aspect of the present inven 
tion; 
[0049] FIG. 3 is a ?oWchart illustrating a method for 
discriminating unvoiced frame according to an illustrative 
embodiment of a third aspect of the present invention; 

[0050] FIG. 4 is a ?oWchart illustrating a method for 
discriminating stable voiced frame according to an illustra 
tive embodiment of a fourth aspect of the present invention; 

[0051] FIG. 5 is a ?oWchart illustrating a method for 
digitally encoding a sound signal in the Premium mode 
according to a second illustrative embodiment of the second 
aspect of the present invention; 

[0052] FIG. 6 is a ?oWchart illustrating a method for 
digitally encoding a sound signal in the Standard mode 
according to a third illustrative embodiment of the second 
aspect of the present invention; 

[0053] FIG. 7 is a ?oWchart illustrating a method for 
digitally encoding a sound signal in the Economy mode 
according to a fourth illustrative embodiment of the second 
aspect of the present invention; 

[0054] FIG. 8 is a ?oWchart illustrating a method for 
digitally encoding a sound signal in the Interoperable mode 
according to a ?fth illustrative embodiment of the second 
aspect of the present invention; 

[0055] FIG. 9 is a ?oWchart illustrating a method for 
digitally encoding a sound signal in the Premium or Stan 
dard mode during half-rate maX according to a siXth illus 
trative embodiment of the second aspect of the present 
invention; 
[0056] FIG. 10 is a ?oWchart illustrating a method for 
digitally encoding a sound signal in the Economy mode 
during half-rate maX according to a seventh illustrative 
embodiment of the second aspect of the present invention; 

[0057] FIG. 11 is a ?oWchart illustrating a method for 
digitally encoding a sound signal in the Interoperable mode 
during half-rate maX according to a eighth illustrative 
embodiment of the second aspect of the present invention; 
and 

In the appended draWings: 
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[0058] FIG. 12 is a ?oWchart illustrating a method for 
digitally encoding a sound signal so as to alloW interopera 
tion betWeen VMR-WB and AMR-WB codecs, according to 
an illustrative embodiment of a ?fth aspect of the present 
invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0059] Turning noW to FIG. 1 of the appended draWings, 
a speech communication system 10 depicting the use of 
speech encoding and decoding in accordance With an illus 
trative embodiment of the ?rst aspect of the present inven 
tion is illustrated. The speech communication system 10 
supports transmission and reproduction of a speech signal 
across a communication channel 12. The communication 

channel 12 may comprise for eXample a Wire, optical or ?bre 
link, or a radio frequency link. The communication channel 
12 can be also a combination of different transmission 

media, for eXample in part ?bre link and in part a radio 
frequency link. The radio frequency link may alloW to 
support multiple, simultaneous speech communications 
requiring shared bandWidth resources such as may be found 
in cellular telephony. Alternatively, the communication 
channel may be replaced by a storage device (not shoWn) in 
a single device embodiment of the communication system 
that records and stores the encoded speech signal for later 
playback. 

[0060] The communication system 10 includes an encoder 
device comprised of a microphone 14, an analog-to-digital 
converter 16, a speech encoder 18, and a channel encoder 20 
on the emitter side of the communication channel 12, and a 
channel decoder 22, a speech decoder 24, a digital-to-analog 
converter 26 and a loudspeaker 28 on the receiver side. 

[0061] The microphone 14 produces an analog speech 
signal that is conducted to an analog-to-digital con 
verter 16 for converting it into a digital form. A speech 
encoder 18 encodes the digitiZed speech signal producing a 
set of parameters that are coded into a binary form and 
delivered to a channel encoder 20. The optional channel 
encoder 20 adds redundancy to the binary representation of 
the coding parameters before transmitting them over the 
communication channel 12. Also, in some applications such 
packet-netWork applications, the encoded frames are pack 
etiZed before transmission. 

[0062] In the receiver side, a channel decoder 22 utiliZes 
the redundant information in the received bitstream to detect 
and correct channel errors occurred in the transmission. A 
speech decoder 24 converts the bitstream received from the 
channel decoder 20 back to a set of coding parameters for 
creating a synthesiZed speech signal. The synthesiZed 
speech signal reconstructed at the speech decoder 24 is 
converted to an analog form in a digital-to-analog (D/A) 
converter 26 and played back in a loudspeaker unit 28. 

[0063] The microphone 14 and/or the A/D converter 16 
may be replaced in some embodiments by other speech 
sources for the speech encoder 18. 

[0064] The encoder 20 and decoder 22 are con?gured so 
as to embody a method for encoding a speech signal 
according to the present invention as described hereinbeloW. 
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[0065] Signal Classi?cation 
[0066] Turning noW to FIG. 2, a method 100 for digitally 
encoding a speech signal according to a ?rst illustrative 
embodiment of a ?rst aspect of the present invention is 
illustrated. The method 100 includes a speech signal clas 
si?cation method according to an illustrative embodiment of 
a second aspect of the present invention. It is to be noted that 
the eXpression speech signal refers to voice signals as Well 
as any multimedia signal that may include a voice portion 
such as audio With speech content (speech in betWeen music, 
speech With background music, speech With special sound 
effects, etc.) 
[0067] As illustrated in FIG. 2, the signal classi?cation is 
done in three steps 102, 106 and 110, each of them discrimi 
nating a speci?c signal class. First, in step 102, a ?rst-level 
classi?er in the form of a voice activity detector (VAD) (not 
shoWn) discriminates betWeen active and inactive speech 
frames. If an inactive speech frame is detected then the 
encoding method 100 ends With the encoding of the current 
frame With, for eXample, comfort noise generation (CNG) 
(step 104). If an active speech frame is detected in step 102, 
the frame is subjected to a second level classi?er (not 
shoWn) con?gured to discriminate unvoiced frames. In step 
106, if the classi?er classi?es the frame as unvoiced speech 
signal, the encoding method 100 ends in step 108, Where the 
frame is encoded using a coding technique optimiZed for 
unvoiced signals. OtherWise, the speech frame is passed in 
step 110, through a third-level classi?er (not shoWn) in the 
form of a “stable voiced” classi?cation module (not shoWn). 
If the current frame is classi?ed as a stable voiced frame, 
then the frame is encoded using a coding technique opti 
miZed for stable voiced signals (step 112). OtherWise, the 
frame is likely to contain a non-stationary speech segment 
such as a voiced onset or rapidly evolving voiced speech 
signal portion, and the frame is encoded using a general 
purpose speech coder With high bit rate alloWing to sustain 
good subjective quality (step 114). Note that if the relative 
energy of the frame is loWer than a certain threshold then 
these frames can be encoded With a generic loWer rate 
coding type to further reduce the average data rate. 

[0068] The classi?ers and encoders may take many forms 
from an electronic circuitry to a chip processor. 

[0069] In the folloWing, the classi?cation of different 
types of speech signal Will be eXplained in more details, and 
methods for classi?cation of unvoiced and voiced speech 
Will be disclosed. 

[0070] Discrimination of Inactive Speech Frames (VAD) 

[0071] The inactive speech frames are discriminated in 
step 102 using a Voice Activity Detector The VAD 
design is Well-knoWn to a person skilled in the art and Will 
not be described herein in more detail. An eXample of VAD 
is described in M. Jelinek and F. Labonte, “Robust Signal/ 
Noise Discrimination for Wideband Speech and Audio Cod 
ing,”Pr0c. IEEE Workshop on Speech Coding, pp. 151-153, 
Delavan, Wis., USA, September 2000. 
[0072] Discrimination of Unvoiced Active Speech Frames 

[0073] The unvoiced parts of a speech signal are charac 
teriZed by missing periodicity and can be further divided 
into unstable frames, Where the energy and the spectrum 
changes rapidly, and stable frames Where these characteris 
tics remain relatively stable. 
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[0074] In step 106, unvoiced frames are discriminated 
using at least three out of the folloWing parameters: 

[0075] A voicing measure, Which may be computed 
as an averaged normaliZed correlation (rX); 

[0076] 
[0077] a signal energy ratio (dE) used to assess the 

frame energy variation Within the frame and thus the 
frame stability; and 

a spectral tilt measure (e); 

[0078] the relative energy of the frame. 

[0079] Voicing Measure 

[0080] FIG. 3 illustrates a method 200 for discriminating 
unvoiced frame according to an illustrative embodiment of 
a third aspect of the present invention. 

[0081] The normaliZed correlation, used to determine the 
voicing measure, is computed as part of the open-loop pitch 
search module 214. In the illustrative embodiment of FIG. 
3, 20 ms frames are used. The open-loop pitch search 
module usually outputs the open-loop pitch estimate p every 
10 ms (tWice per frame). In the method 200, it is also used 
to output the normaliZed correlation measures rX. These 
normaliZed correlations are computed on the Weighted 
speech and the past Weighted speech at the open-loop pitch 
delay. The Weighted speech signal sW(n) is computed in a 
perceptual Weighting ?lter 212. In this illustrative embodi 
ment, a perceptual Weighting ?lter 212 With ?Xed denomi 
nator, suited for Wideband signals, is used. The folloWing 
relation gives an eXample of transfer function for the per 
ceptual Weighting ?lter 212: 

[0082] Where A(Z) is the transfer function of the linear 
prediction (LP) ?lter computed in module 218, Which is 
given by the folloWing relation: 

[0083] _The voicing measure is given by the average cor 
relation rX Which is de?ned as 

[0084] Where rX(0), rX(1) and rX(2) are respectively the 
normaliZed correlation of the ?rst half of the current frame, 
the normaliZed correlation of the second half of the current 
frame, and the normaliZed correlation of the look-ahead 
(beginning of neXt frame). 

[0085] A noise correction factor re can be added to the 
normaliZed correlation in Equation (1) to account for the 
presence of background noise. In the presence of back 
ground noise, the average normaliZed correlation decreases. 
HoWever, for the purpose of signal classi?cation, this 
decrease should not affect the voiced-unvoiced decision, so 
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this is compensated by the addition of re. It should be noted 
that When a good noise reduction algorithm is used re is 
practically Zero. 

[0086] In the method 200, a look-ahead of 13 ms is used. 
The normalized correlation rX(k) is computed as folloWs 

r, (k) : rxy , Where (2) 

[0087] In the method 200, the computation of the corre 
lations is as folloWs. The correlations rX(k) are computed on 
the Weighted speech signal sW(n). The instants tk are related 
to the current half-frame beginning and are equal to 0, 128 
and 256 samples respectively for k=0, 1 and 2, at 12800 HZ 
sampling rate. The values pk=TOL are the selected open-loop 
pitch estimates for the half-frames. The length of the auto 
correlation computation Lk is dependant on the pitch period. 
In a ?rst embodiment, the values of Lk are summariZed 
beloW (for the 12.8 kHZ sampling rate): 

Lk=80 samples for pké 62 samples 

Lk=124 samples for 62<pk§122 samples 

Lk=230 samples for Pk>122 samples 

[0088] These lengths assure that the correlated vector 
length comprises at least one pitch period, Which helps for 
a robust open loop pitch detection. For long pitch periods 
(p1>122 samples), rX(1) and rX(2) are identical, i.e. only one 
correlation is computed since the correlated vectors are long 
enough that the analysis on the look ahead is no longer 
necessary. 

[0089] Alternatively, the Weighted speech signal can be 
decimated by 2 to simplify the open loop pitch search. The 
Weighted speech signal can be loW-pass ?ltered before 
decimation. In this case, the values of Lk are given by 

Lk=40 samples for pk§31 samples 

Lk=62 samples for 62 <Pk§61 samples 

Lk=115 samples for pk>samples 

[0090] Other methods can be used to compute the corre 
lations. For eXample, only one normaliZed correlation value 
can be computed for the Whole frame instead of averaging 
several normaliZed correlations. Further, the correlations can 
be computed on signals other than the Weighted speech such 
as the residual signal, the speech signal, or a loW-pass 
?ltered residual, speech, or Weighted speech signal. 

[0091] Spectral Tilt 

[0092] The spectral tilt parameter contains the information 
about the frequency distribution of energy. In method 200, 
the spectral tilt is estimated in the frequency domain as a 
ratio betWeen the energy concentrated in loW frequencies 
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and the energy concentrated in high frequencies. HoWever, 
it can be also estimated in different Ways such as a ratio 
betWeen the tWo ?rst autocorrelation coefficients of the 
speech signal. 
[0093] In the method 200, the discrete Fourier Transform 
is used to perform the spectral analysis in module 210 of 
FIG. 10. The frequency analysis and the tilt computation are 
done tWice per frame. 256 points Fast Fourier Transform 
(FFT) is used With 50 percent overlap. The analysis Win 
doWs are placed so that the entire lookahead is exploited. 
The beginning of the ?rst WindoW is placed 24 samples after 
the beginning of the current frame. The second WindoW is 
placed 128 samples further. Different WindoWs can be used 
to Weight the input signal for the frequency analysis. A 
square root of a Hamming WindoW (Which is equivalent to 
a sine WindoW) is used. This WindoW is particularly Well 
suited for overlap-add methods, therefore this particular 
spectral analysis can be used in an optional noise suppres 
sion algorithm based on spectral subtraction and overlap-add 
analysis/synthesis. Since noise suppression algorithms are 
believed to be Well-known in the art, it Will not be described 
herein in more detail. 

[0094] The energy in high frequencies and in loW frequen 
cies is computed folloWing the perceptual critical bands, see 
J. D. Johnston, “Transform Coding of Audio Signals Using 
Perceptual Noise Criteria,”IEEE J our. on Selected Areas in 
Communications, vol. 6, no.2, pp. 314-323: 

[0095] Critical bands={100.0, 200.0, 300.0, 400.0, 510.0, 
630.0, 770.0, 920.0, 1080.0, 1270.0, 1480.0, 1720.0, 2000.0, 
2320.0, 2700.0, 3150.0, 3700.0, 4400.0, 5300.0, 6350.0} 
HZ. 

[0096] The energy in high frequencies is computed as the 
average of the energies of the last tWo critical bands 

[0097] Where EcB(i) are the average energies per critical 
band computed as 

[0098] Where NcB(i) is the number of frequency bins in 
the ith band and XR(k) and X1(k) are, respectively, the real 
and imaginary parts of the kth frequency bin and ji is the 
indeX of the ?rst bin in the ith critical band. 

[0099] The energy in loW frequencies is computed as the 
average of the energies in the ?rst 10 critical bands. The 
middle critical bands have been eXcluded from the compu 
tation to improve the discrimination betWeen frames With 
high-energy concentration in loW frequencies (generally 
voiced) and With high-energy concentration in high frequen 
cies (generally unvoiced). In betWeen, the energy content is 
not characteristic for any of the classes and increases the 
decision confusion. 

[0100] The energy in loW frequencies is computed differ 
ently for long pitch periods and short pitch periods. For 
voiced female speech segments, the harmonic structure of 
the spectrum is exploited to increase the voiced-unvoiced 
discrimination. Thus for short pitch periods, E1 is computed 
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bin-Wise and only frequency bins sufficiently close to the 
speech harmonics are taken into account in the summation. 
That is 

i l 24 

E, = EBM/owm 

[0101] Where EBIN(k) are the bin energies in the ?rst 25 
frequency bins (the DC component is not considered). Note 
that these 25 bins correspond to the ?rst 10 critical bands. In 
the summation above, only terms related to the bins close to 
the pitch harmonics are considered, so Wh(k) is set to 1 if the 
distance betWeen the bin and the nearest harmonic is not 
larger than a certain frequency threshold (50 HZ) and is set 
to 0 otherWise. The counter cnt is the number of the non-Zero 
terms in the summation. Only bins closer than 50 HZ to the 
nearest harmonics are taken into account. Hence, if the 
structure is harmonic in loW frequencies, only high-energy 
terms Will be included in the sum. On the other hand, if the 
structure is not harmonic, the selection of the terms Will be 
random and the sum Will be smaller. Thus even unvoiced 
sounds With high energy content in loW frequencies can be 
detected. This processing cannot be done for longer pitch 
periods, as the frequency resolution is not suf?cient. For 
pitch values larger than 128 or for a priori unvoiced sounds 
the loW frequency energy is computed per critical band as 

1 1g EI=EgECBUO 

[0102] A priori unvoiced sounds are determined When 
rX(0)+rX(1)+re<0.6, Where the value re is a correction added 
to the normaliZed correlation as described above. 

[0103] The resulting loW and high frequency energies are 
obtained by subtracting estimated noise energy from the 
values E1 and Eh calculated above. That is 

El=El_Nl 

[0104] Where Nh and N1 are the averaged noise energies in 
the last 2 critical bands and ?rst 10 critical bands respec 
tively. The estimated noise energies have been added to the 
tilt computation to account for the presence of background 
noise. 

[0105] Finally, the spectral tilt is given by 

. _ El 

erilru) — E 

[0106] Note that the spectral tilt computation is performed 
tWice per frame to obtain etm(0) and etm(1) corresponding to 
both spectral analysis per frame. The average spectral tilt 
used in unvoiced frame classi?cation is given by 
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[0107] Where eOld is the tilt from the second spectral 
analysis of the previous frame. 

[0108] Energy Variation dE 

[0109] The energy variation dB is evaluated on the 
denoised speech signal s(n), Where n=0 corresponds to the 
current frame beginning. The signal energy is evaluated 
tWice per subframe, ie 8 times per frame, based on short 
time segments of length 32 samples. Further, the short-term 
energies of the last 32 samples from the previous frame and 
the ?rst 32 samples from neXt frame are also computed. The 
short-time maXimum energies are computed as 

[0110] Where j=—1 and j=8 correspond to the end of 
previous frame and the beginning of neXt frame. Another set 
of 9 maXimum energies is computed by shifting the speech 
indices by 16 samples. That is 

[0111] The maXimum energy variation dE betWeen con 
secutive short term segments is computed as the maXimum 
of the folloWing: 

if ESRO) > Eta-1). 

if Eii’?) > EMS). 

for j: l to 7 

[0112] Alternatively, other methods can be used to evalu 
ate the energy variation in the frame. 

[0113] Relative Energy Erel 
[0114] The relative energy of the frame is given by the 
difference betWeen the frame energy in dB and the long-term 
average energy. The frame energy is computed as 

19 

E,=1010 ZECBU) 
[:0 

[0115] Where EcB(i) are the average energies per critical 
band as described above. The long-term average frame 
energy is given by 

Et=0.99Ef+0.01E‘ 
[0116] With initial value Ef=45 dB. 
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[0117] Thus the relative frame energy is given by 

EI€1=E1_Ef 

[0118] The relative frame energy is used to identify loW 
energy frames that have not been classi?ed as background 
noise frames or unvoiced frames. These frames can be 
encoded With a generic HR encoder in order to reduce the 
ADR. 

[0119] Unvoiced Speech Classi?cation 

[0120] The classi?cation of unvoiced speech frames is 
based on the parameters described above, namely: the voic 
ing measure EX, the spectral tilt et, the energy variation Within 
a frame dE, and the relative frame energy Em. The decision 
is made based on at least three of these parameters. The 
decision thresholds are set based on the operating mode (the 
required average data rate). Basically for operating modes 
With loWer desired data rates, the thresholds are set to favor 
more unvoiced classi?cation (since a half-rate or a quarter 
rate coding Will be used to encode the frame). Unvoiced 
frames are usually encoded With unvoiced HR encoder. 
HoWever, in case of the economy mode, unvoiced QR may 
also be used in order to further reduce the ADR if additional 
certain conditions are satis?ed. 

[0121] In Premium mode, the frame is encoded as 
unvoiced HR if the folloWing condition is satis?ed 

(ix<thl) AND (e‘<th2) AND (dE<th3) 

[0122] Where th1—0.5, th2=1, and 

-4 for if > 34 

m3: 0 rOr21<Ef534 
4 otherwise 

[0123] In voice activity decision, a decision hangover is 
used. Thus, after active speech periods, When the algorithm 
decides that the frame is an inactive speech frame, a local 
VAD is set to Zero but the actual VAD ?ag is set to Zero only 
after a certain number of frames are elapsed (the hangover 
period). This avoids clipping of speech offsets. In both the 
Standard and Economy modes, if the local VAD is Zero, the 
frame is classi?ed as an unvoiced frame. 

[0124] In the Standard mode, the frame is encoded as 
unvoiced HR if local VAD=0 or if the folloWing condition 
is satis?ed: 

[0126] In Economy mode, the frame is declared as an 
unvoiced frame if local VAD=0 OR if the folloWing condi 
tion is satis?ed: 

[0127] Where th8=0.695, th9=4, th1O=60, and th11=—14. 

[0128] In Economy mode, unvoiced frames are usually 
encoded as unvoiced HR. HoWever, they can also be 
encoded With unvoiced QR if the folloWing further condi 
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tions are also satis?ed: If the last frame is either unvoiced of 
background noise frame, and if at the end of the frame the 
energy is concentrated in high frequencies and no potential 
voiced onset is detected in the lookahead then the frame is 
encoded as unvoiced QR. The last tWo conditions are 
detected as: 

[0129] Note that rX(2) is the normaliZed correlation in the 
lookahead and etm(1) is the tilt in the second spectral 
analysis Which spans the end of the frame and the lookahead. 

[0130] Of course, other methods than method 200 can be 
used for discriminating unvoiced frame. 

[0131] Discrimination of Stable Voiced Speech Frames 

[0132] In case of Standard and Economy modes, stable 
voiced frames can be encoded using Voiced HR coding type. 

[0133] The Voiced HR coding type makes use of signal 
modi?cation for efficiently encoding stable voiced frames. 

[0134] Signal modi?cation techniques adjust the pitch of 
the signal to a predetermined delay contour. Long term 
prediction then maps the past excitation signal to the present 
subframe using this delay contour and scaling by a gain 
parameter. The delay contour is obtained straightforWardly 
by interpolating betWeen tWo open-loop pitch estimates, the 
?rst obtained in the previous frame and the second in the 
current frame. Interpolation gives a delay value for every 
time instant of the frame. After the delay contour is avail 
able, the pitch in the subframe to be coded currently is 
adjusted to folloW this arti?cial contour by Warping, chang 
ing the time scale of the signal. In discontinuous Warping [1, 
4, 5], a signal segment is shifted either to the left or to the 
right Without altering the segment length. Discontinuous 
Warping requires a procedure for handling the resulting 
overlapping or missing signal portions. For reducing arti 
facts in these operations, the tolerated change in the time 
scale is kept small. Moreover, Warping is typically done 
using the LP residual signal or the Weighted speech signal to 
reduce the resulting distortions. The use of these signals 
instead of the speech signal also facilitates detection of pitch 
pulses and loW-poWer regions in betWeen them, and thus the 
determination of the signal segments for Warping. The actual 
modi?ed speech signal is generated by inverse ?ltering. 
After the signal modi?cation is done for the present sub 
frame, the coding can proceed in conventional manner 
eXcept the adaptive codebook excitation is generated using 
the predetermined delay contour. 

[0135] In the present illustrative embodiment, signal 
modi?cation is done pitch and frame synchronously, that is, 
adapting one pitch cycle segment at a time in the current 
frame such that a subsequent speech frame starts in perfect 
time alignment With the original signal. The pitch cycle 
segments are limited by frame boundaries. This prevents 
time shift translating over frame boundaries simplifying 
encoder implementation and reducing a risk of artifacts in 
the modi?ed speech signal. This also simpli?es variable bit 
rate operation betWeen signal modi?cation enabled and 
disabled coding types, since every neW frame starts in time 
alignment With the original signal. 

[0136] As illustrated in FIG. 2, if a frame is not classi?ed 
as inactive speech frame nor as unvoiced frame then it is 






























